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Our team is indeed very happy to present this second and
final report on a direct digital modulation converter to convert
from pulse code modulation to delta modulation or vice-versa. The
development shown in this text is the result of an original ap-
proach to the subject, which was first presented in 1967 and was
further developed in 1973 (phase 1 report).
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We are firmly convinced that our findings 1lift one of
the major difficulties raised against the introduction of delta
modulation in the existing telecommunication network. This is
valid for military systems (tactical or strategic) as well as
for commercial networks.
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ABSTRACT

This report describes the prototype of a Direct Digital
Medulation Conventen (DDMC). The codes considered are PCM (puflse
code modulation) and AM (defta modufation) with sampling frequen-
cies of 16, 19.2, 32 and 38.4kHz for the latter.

The objective is to convert from one form of digitized
voice signal to another without *‘reconstruction of the original
analog voice signal. A single channel system is considered and

operating time is consequently only limited by the 125usec. fra-
me prescribed by the PCM sampling frequency.

The results obtained indicate that DDMC's can be designed
with characteristics as good as the existing analog means for
converting from one code to the other.

The prototype herein presented uses serial operation and
is built with TTL logic. It works with a CVSD operating at four

different sampling frequencies and in connection with five PCM
channel banks.
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EVALUATION ;

A8
DIRFCT DIGITAL MODULATION CONVERTER ,

i

The value of this program was to show that direct digital code
conversion between dissimilar digitized voice systems can be accom-
d plished with no degradation in voice quality. Prior to the Direct
- Digital Modulation Converter (DDMC), no technique existed that made
Pulse Code Modulation (PCM) and Continuously Variable Slope Delta (CvsD)
modulation techniques directly compatible and interoperable. The DDMC
can significantly improve Long Haul Voice communications by decreasing

3: the number of Analog-to-Digital, Digital-to-Analog conversions to which
the original signal would have been subjected.

=7 e

Under TPO #9, which includes the development fo the Unified
Digital Switch for future integrated Defense Communications Systems,
interconnection between different types of digitized voice users
will take place. 1In order to accommodate the aforementioned types of
users, without degradation in voice quality, a DDMC will be an integral
part of the switch. This will enable interoperability between
otherwise incompatible digitized voice systems.
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1- NTRODUCT]ON

The objective of the present report is to present the re-
sults of a feasibility study on a Dinect digital Modulation Con-
verten, hereafter referred to as DDMC, and to describe the DDMC
prototype design and implementation. :

Dinect Digital Modufation Conversion is defined as con-
version from one form of digitized voice signal to another
without reconstruction of the original analog voice signal. In
this study, we will limit ourselves to two types of numerical
formats for voice, pulse code modufation (PCM) and delta modula-
tion (AM).

The scope of this program is to determine the feasibili-
ty of developing a singfe AM~PCM DDMC. Operating time is there-
fore not a parameter of importance as long as the DDMC operates
within the 125usec frame prescribed by the PCM sampling frequency;
it is a technological problem, once the present efforts are righ-
tly concluded, to bring the operating time to less than 5Susec
which would allow multiplexing of several, possibly 24, communi-
cations and would render the DDMC highly competitive with other
equipment when inserted in an integrated telecommunication net-
wetk. Such a network includes possibly three types of switching
of fices-spatial, PCM and i4M-; subscribers could have numerical
transmission right from their set.

The minimum technical characteristics required from the
DDMC are those of the available link (PCM coder-PCM decoder-
analog-AM coder-AM decoder or vice versa). In the feasibility
study, the signaf-to-noise (S/N) ratio is the primary performan-
ce criterian. The ratio is obtained from test tones at various
amplitudes (dynamic range). ’

The digital link that the DDMC provides has to give equal
or better quality, in terms of S/N, than the voice qualitv obtain-
ed with the anafog link, where signals are converted to analog
form before being again coded digitally. The present study shall
consider the CVSD type of delta codecs and the four different
PCM channel banks: the D-1, TD968, TD660 and the European sys-
tem.

In Chapter 2, the computer simulation of the CVSD and of
the converter (DDMC) is described.

k Chapter 3 deals with the implementation of the CVSD and
of the DDMC. The structure of the DDMC is first analysed and the
overall design is then described. Detailed circuit operation,
drawings, diagrams and components are given in appendices A and
B. Results of objective and subjective tests are given in Chap-
ter 4. A general conclusion finally closes the study with a re-
view of the main characteristics found.




2.1, DELTA CODEC

The delta codec is an A/D converter. It is a closed loop system
whereby the bit transmitted indicates the slope of the input signal between
two sampling times. The transmitted digitized signal is reconstructed in the
feedback loop which is the demodulator; this demodulator is the important part
of the system and its design differentiates one codec from others.

2.1.1, DELTA CODEC PRINCIPLE

Figure 2.1 shows the block diagram of a non-adaptive delta codec.

Clock (S.C.)

(gt iy = oy
IComparator i I
E + | =
]

1
— ) =
i
el A Quantizer

4

Integration
network

Local demodulator

L

Integration
network

Receiving end demodulator

Low-pass
filter

FIGURE 2.1.- Non adaptive delta codec principle.
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The input signal (E) is compared to the reconstructed signal (Z)
in the camparator; the difference or error (E-Z) is then passed through a :
- two-level quantizer, which is controlled by a sampling clock (S.C.). At each '
i clock time the quantizer gives the information on the sign of the error. The '
’ quantizer output is a "1" if the error is positive and a "-1" if the error is
negative. The sequence (P) of "1" and "-1" is then integrated in the feedback
loop; the gain (G) is the static gain of the integration network. The output
of the "local" demodulator is a staircase signal (Z) called the reconstructed

| signal.

i At the receiving end, the output of the demodulator (identical to
- ¢ the local demodulator in the feedback loop of the ocodec) or the reconstructed
; : signal (2) is passed through a low-pass filter which smoothes the staircase
i signal by removing the high frequency components.

. : 2.1.2,C.V,S.D. PRINCIPLE

, : The continuous-variable-slope-delta (CVSD) modulation system is an
i ; adaptive type delta codec since the gain of the demodulator in the feedback
| £ loop is made variable in order to follow the amplitude or slope variation of
the input signal.

In the CVSD, adaptation or companding is achieved through the past
k| ; behaviour of the signal averaged over a rather long periocd of time, campared
1 ¥ to the sanpling period; the control is done with the digital description of
i the waveform (bit stream).

Figure 2.2 shows the block diagram of the CVSD.
E s TR 5 R Al L
| i r —‘|
A P
" i‘- 'J 1 “'
: - e 4 b L | (K 2 |
| b
g |
% i I Digital -_1
1 ? ; control
L Integrzt1on eivoult
] networ | s |,
' __PEEE 1 J Syllabic
filter
|
f
b Part I1 Gain control
1 — — — —_— —
FIGURE 2.2.- CVSD block diagram. 1
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An incoming analog signal E is compared with a recons- .
tructed analog signal Z by means of a comparator which outputs 5
either a loalc 1 or a logic 0, depending on which of the sidanals
F or 7 is the larger. The result of this comparison is then
clocked through the quantizer and transmitted as the encoded digi-

b tal output P.

SNSRI S i

The reconstructed analog gignal Z is produced by inte-
grating the digital output P which has been multipled by a weigh-
! ting factor (W provided by a gain control incorporated thereon
! in order to produce a more accurate profile of the analog signal
X E. This weighting factor is initiated by detecting at least three
f; l1ike and consecutive bits in the binary sequence of P, by means
i of a digital control circuit. Upon this detection, a signal G is
B produced and furtheron filtered through a syllabic low-pass fil-
t ter (usually at 25 Hz). The output of the syllabic filter is a
continuous signal which is added to a DC voltage to increase the
amplitude of the filter output and to improve its signal-to-

i noise ratio. This signal W is thereafter multiplied by the out-
N put digital signal P to obtain a delta step which is then inte-
4 grated by means of the integrator network.

i

! An important point with respect to gain control (Part II)
: is that the digital control circuit is controlled by a three-bit

g memory (A, B and Cc), whereby the following control loaic is per-

| formed:

G = ABC + ABC

i 9.1.3. (VSN COMPUTER SIMULATION

Studies were performed on an IBM computer. A 750Hz test tone

with a 40db dynamic range was used as input signal to EQ% delta co-
dec computer model. S/N ratios were obtained at four different

sampling frequencies: 16, 19.2, 32 and 38.4 kHz. S/N ratios are

| obtained from the fast Fourier transform (F.F.T). The fast Fourier
A transform is a computational tool which facilitates signal analysis
| £ such as power spectrum analysis and filter simulation. It is a

N} method for efficiently computing the discrete Fourier transform

% of a series of data samples (referred to as a time series),

R TN R

153 The simulated codec is shown in Figure 233

f‘ It is to be noted here that the sending and receiving
g end demodulators being the same, the reconstructed signal is

taken directly at the input comparator and passed through a .
smoothing filter. This output signal is compared to the input 9

signal to compute S/N ratios.

[T

In the simulation model all the blocks are represented
in transfer function form, using the Laplace transformation.

o B e




Control
circuit

Ky
1+ TZP

Low-pass N 5

filter = 4.4 msec
7th order KZ = 0.5
Ty = 1 msec

FIGURE 2.3.- CVUSD simulation block diagram.

The Laplace transformation is a process of transforming a time do-
main function into the s (camplex frequency) damain. The frequency response
characteristic and the transfer function of the 7-th order low-pass filter a-
re shown in Figure 2.4.
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FIGURE 2.4.- Frequency nresponse and trhansfen function of
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?able 2.1 and Figure 2.5 give the gimulation results ob- ]
tained for the CVSD with a 750Hz test tone at four delta sampling k

frequencies. I
in AMPF;gg. S/N ratios in db
Eugzirunﬁ 16KHz 19.2Khz | 32KHz 38.4KHz
0.01 6.87 10.93
0.03 4.78 5.76 17.22 21.44
0.10 9,27 14.95 20.59 23.07
0.30 9.07 14.84 22.16 26.28
0.60 11.14 13.59 25,34 28.15
1.00 12.89 14.03 23.90 26.91
2.00 13.97 16.18 21.85 23.40
3.00 14.08 " 15.96 20.20 21.69
6.00 13.77 14.90 16.65 17.04
VDC 26 1nv 261mv 525mv 525mv

N b

TABLE 2.1.- CVSD computed S/N ratios for a 750 test tone

2.2, CONVERTERS

Delta Modulation and PCM are two different methods of
digitally representing an analog signal. Both transmit only
samples of the input signal and thus the information on the signal

is available only at sampling time. In the present application, b
they differ in two ways:

-they do not use the same digital code to
transmit the information on the samples.

-their sampling rates are different.

Therefore, 'a PCM decoder receiving a binary delta sequence is
unable to reconstruct the analog signal for two reasons:

-as sampling rates are different, it is not
looking for the information at the right time.

-as the codes are different, it cannot 3
"understand" the meaning of the binary
words it is receiving.
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To interface between delta and PCM systems, the DDMC
has to realize a code conversion and a sampling rate conversion.
This is done by using an intermediate binary code which permits
easv conversion to and from delta or PCM. The sampling rate con-
version is made at this coding level.

The selected intermediate code is a linear binary re-
presentation of the signal amplitude (linear PCM). It permits
easy rate conversion by means of interpolation methods.

I ! ]
[N Y
B 59 %08
delta Q2§ intermediate 2§ intermediate 9 2
code L code ¥ code O pcMm
t
t
i
Delta sampling ' PCM
' rate ‘3k’ sampling rate——>
]
1

FIGURE 2.6.- General Methed of Digital Convension.

In the A to PCM DDMC, a delta code word is converted
(code conversion, Fig. 2.6) into a linear PCM code word (interme-
diate code). The intermediate code words are produced at the A
sampling rate (38.4 32.0, 19.2 or 16 kHz). These code words are
needed at the PCM sampling instants. As the output PCM uses an
8kHz sampling rate, a rate conversion from the delta sampling
frequency down to the PCM sampling frequency is necessary. After
this conversion the intermediate code words are available at PCM
sampling rate. A second code conversion is necessary to transform

the intermediate code word (linear PCM) into the output PCM word
(compressed PCM).

In the PCM to A DDMC (Fig. 2.6), the reverse operations
are performed. The input PCM word (compressed PCM) is converted
into a linear PCM word (intermediate code) by a code conversion.
This intermediate code word is then made available at A sampling
instant by a rate conversion. This result 1is an intermediate

code at the A rate which is converted (code conversion) into the
output delta code.

E

The delta to PCM and PCM to delta DDMC's are completely
digital. They work with sampled signals expressed in binary form.

Therefore, once per sampling period each block in Fi-
gures 2.7 (section 2.2.1.1.) and 2.9 (section 2.2.1.2) receives

8
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, a binary number which represents the input value and uses it to
E : compute the output value which is also a binary number.

| : 2 ONVERSIOL

) Figure 2.7 shows the general model of a A to PCM DDMC.
The code conversion, from delta to linear PCM (intermediate code)
is made by the gain control circuit and the digital inteqrator.

PO R R R .y Al
c e ey Sl

GAIN DIGITAL DIGITAL SAMPLFR PCM PCM _‘
A_. CONTROL | INTEGRATOR FILTER ,__J AT ICOMPRESSOR . i
i PCM RATE

FIGURF 2.7.- Genernal Model of a A to PCM DDMC,

: The intermediate code represents the amplitude of the
4B transmitted signal. To reconstruct this amplitude (at the delta
! sampling rate) the incoming delta sequence is first fed into the
% qain contrnol circuit which determines the delta step size. This
; gain control circuit is a logic circuit which utilizes an algo- 3
s rithm similar to the algorithm of the delta modulator. Using the ]
» delta sequence, it generates once per A period a binary word 4
{ which represents the value of the delta step at this instant. '
8 The digital {ntegrator is another logic circuit which determines

| the amplitude of the transmitted signal by adding the delta step

{ values. It is a digital addition and the output is a binary word:

the intermediate code word.

The digital filter and the sampler at PCM rate realize

: the delta to PCM rate conversion. The digital f§4ifter is a logic
1% circuit which transforms the digital version of the signal (re-

: presented by the binary intermediate code) in the same way as a
continuous filter would transform the analog version of the same
signal (represented by an analog voltage). It is a low-pass fil-
{ ter (cut-off frequency around 3.5 kHz) whose purpose is to atte-
1 nuate high frequency components of the delta quantizing noise.
. The output of the filter is again a sequence of binary words which
s represents the transmitted signal smoothed by the low-pass cha-
racteristic.

-

s |

The rate reduction from delta frequency down to 8 kHz 5
is made by the samplen. At the input of the sampler, the amplitu- ;
| . de of the voice signal (intermediate code word) is known at each 5
delta sampling instant. The sampler is a logic circuit which has
to generate an intermediate code word at each PCM sampling time.
The complexity of the circuit depends on the delta sampling rate.

R
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At 32kHz, the sampler only needs to disregard three samples out of

of four and keep the fourth one. At 19.2kHz and 38.4kHz the circuit .

is more complex because the delta rate is no longer a multiple of

the PCM rate and the sampling instants are not coincident. In this ]
. case the PCM sampling time is generally in between two delta sam- i
1 pling times and as the value of the intermediate code is known ‘
i only at delta sampling time, the value at PCM sampling time must

p be estimated by an interpolation method. The interpolation method

i depends on the system signal-to-noise ratio (i.e depends on the

tvpe of delta modulation and on the sampling frequency):

i -when possible without degrading the system performance,
1 a zeno-chtder digital hofder is used. In this case the latest

B available value is stored (hold) and used when needed (Figure

1 3.3).
1 -when a higher quality is necessary, a fLinear interpo-
Lation is used (Figure 2.8).

cases a low-pass digital filter (cut-off frequency around 3.5kHz)
must be placed after the interpolator to remove excessive out-of-

|
!
§
jf Such interpolations add noise to the system and in some
A
t voice-band noise.

1

INTERMEDIATE 4 ”
CODE  +94 2

o
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tima

|
g,
. J, I L

SAMPLING SAMPLING SAMPLING

St 8§ 2y

D1 and D2 anre two successive code words at A sampling
time. P1 and P2 ane two different estimates of the code value at |
PCM sampling time. P1 is obtained by zeno-order holding and P2 by 3
Linearn interpolation. )

FIGURE 2.8.- Interpolation Methods

The intermediate code word which appears at the output
of the sampler at PCM rate is a binary linear representation of
the transmitted signal. This linear word is then compressed into

: the 7 or 8 bit PCM code according to the remote PCM channel bank
4 characteristic.
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2.7.1,2, PCM TO DELTA MODULATION CONYERSION

The general model of a PCM-delta DDMC is shown in Figu-

Bl vy el R o R R s - e AR

; ; re 2.9.

~ PCM | PCM SAMPLER

1 —{ EXPANDOR || AT |4y COMPARATOR 3 o
2 4 RATE

s

i

3l DIGITAL GAIN
, INTEGRATOR CONTROL

FIGURE 2.9.- Genenal Model of a PCM to A DDMC.

The PCM expandor converts the incoming PCM word (com=-
\ pressed) into the intermediate code word (linear PCM, see Figure
1 2.6)-
H

The 4amplen performs the rate conversion from PCM to

| delta sampling frequencies. The PCM sampling rate being smaller
i' than the delta cne, intermediate code words (in between two PCM
' - samples) are estimated by interpolation methods similar to those
;; of section 2.2.1.1.At the output of the sampler, binary inter-
I mediate code words are available at delta rate.

J The comparator and the gain control circuit and the

' digital integraton realize the conversion from intermediate to

4 delta codes. At each delta sampling time, the intermediate code

b word is compared to the binary word generated by the feedback
loop gain control and integrator. A delta bit one or zero is
produced depending on the result of the comparison (positive or
negative resvlt). This delta bit is available for transmission
and is als: fed into the feedback loop. With this information, the
gain contrc. circuit and the digital integrator determine the

i value of the reconstructed signal. The gain control and the inte-
grator yere described in section 2.2.1.1.

2.2,2, SYSTEM APPROACH

E. Performances of PCM and delta codecs are evaluated by
computing the amount of quantizing noise they add to the trans-

it mitted signal. The same criterion has to be used for the DDMC, but
it is impossible to consider it alone. The converter receives a

! binary code and produces another code which cannot be used direc-
- tly to compute the signal-to-noise ratios. Therefore, the DDMC

| must be simulated when inserted in the complete codec-converter-
codec system.

-
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The objective is to have a quality better (or equal) than the qua-
lity obtained by going back to an analog signal to make the conversion. Thus,
the camplete systems shown in Figure 2.10 have to be simulated and their per-

Digital Back-to- Digital
Analog A transmission | back a-de- transmission PCM Analog
input Coder | line coder and line Decoder output
- PCM-coder i
Digital Back-to- Digital
Analog A transmission | back PCM transmission PCM Analog
output Decoder| line decoder and| 1ine coder input
=5 A-coder < e

Figure 2.10A.- Reference System

Digital Digital

Analog A transmission | A-to-PCM transmission | PCM Analog
input Coder | line DDMC 1ine Decoder output
PRSTREGAIDEE—
Digital Digital
Analog A transmission | PCM-to-a transmission | PCM Analog
output Decoder| line DOMC line Coder input
A 2 f-——————————

FIGURE 2.10B.- System with DDMC's.

formances campared, the signal-to-noise ratio of the analog system being used
as a reference. It must be noted that the DDMC, being digital, can be exactly
simulated on a general purpose camputer. This is not true for the delta and
PCM codecs which are partly analog circuits which have to be digitized in or-
der to be simulated. Because of analog hardware inperfections, the real co-
decs introduce more degradation than the simulated ones and therefore the DOMC
could be designed to give a S/N lower (probably by 2 or 3db) than the refe-
rence but would still offer the same quality as the analog system. However,
it was decided to design it to obtain the same S/N as the reference for the
following 1easons:

1. to have as good a quality as possible,

2. since no practical tests had yet been made, the difference
between computed and real performances of the analog system
ocould not be properly evaluated.

12
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_ In Figure 2.11 and in all the following figures the diait-
al filters are defined by their Z-transfer” functions. Each filter

is represented by a box which contains the function with the pro-
per coefficient values.

As explained in Section 2.2.1.1 the first block is the
gain control circuit whigh receives the delta sequence and which
generates, once per sampling period, a binary number representing
the delta step size. In the case of CVSD the gain control circuit
is made of a logic block followed by an analog syllabic filter
(see section 2.1.2). Therefore, the DDMC gain control cir-
cuit contains the same logic block followed by a digital sylla-
bic filter.

The digital integrator is a digital first-order low-
pass filter with a very low cut-off frequency. It digitally in-
gegrates all the binary numbers received from the gain control
circuit and produces, once per delta sampling period, a binary
number which represents the sum of all the delta steps. This bi-
nary number is the intermediate code word.

The intermediate code word is then processed by a 4th-
order digital low-pass filter in order to attenuate high frequen-'
cies of the quantizing noise before the rate conversion. Once per
delta sampling period the filter produces a linear PCM word (bi-
nary number) which represents the transmitted voice signal from
which the delta noise has been filtered.

The rate conversion form delta to PCM sampling frequency
is made by a zero-order holder (see section 2.2.1.1) followed by
a sampler at 8kHz (PCM rate). The output of the sampler is a
linear PCM word (intermediate code) which is digitally compressed
(see section 2.2.1.1) to produce the PCM word.

2% B

The intermediate code (linear PCM) at PCM rate is pro-
duced by the PCM expandor (see section 2.2.1.2).

The rate converter must increase the sampling frequency
from 8 to 16 kHz. It is made of a linear interpolator (section
2.2.1.1) and of a first-order low-pass digital filter. The low-pass
filter (cut-off frequency 3.2 kHz) smoothes the staircase type
signal given by the linear interpolation. The output of the fil-
ter is thus the intermediate code at 16kHz.

The intermediate code to delta conversion is made by
comparing the value of the intermediate word to the value of the
digital number produced by the feedback loop. As explained in
Section 2.2.1.2 delta bit 1 or 0 is transmitted depending on the

13
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result of the comparison and the feedback locy is composed of a gain
control circuit and an integrator similar to those of Section

}
3
| 2,050 %
|
!
i
..
i’\ s Syllabic filter
H a Logic
| gain contral 1 62.3
| i
Diaital integrator 4=th order low-pass filter
|
: -1 -2 -1 -2
3 1 (1+¢1,7527"+.,992188z ) (1+.,9375z +.99609z °)
";i ! >4 u-L125£40.um75{Q)(1-&25i4w.anwz'% §
8kliz SR
(o]
| .1 > compressor " .
|
i
| FIGURE 2.11,- 16kHz CUSD to PCM DDMC
b 2.2,2,3, 32xHz DELTA TO PcM (FIGURE 2.13)
%, Except for the sampling frequency this converter is si-
. milar to the one of Section 2.2.2.1. Again a 4th- order low-pass
' filter is used to attenuate delta noise high frequencies. Its cut-
off frequency is 3.2kHz. As indicated in Section 2.2. the holder and

—e s

smoothing filters are not necessary when the sampling rate is reduced
from 32kHz to 8kHz. As sampling times are coincident it suffices
to use one sample out of four and to disregard the three others.

e T LS ), .
-+

o h

It must be noted that the coefficient values of a digi-
tal filter depend on the sampling frequency. Therefore the coef-
ficients of the 32kHz filter (integrator and low-pass filter) -are
k. different from the coefficients of the 16 kHz filters of Section
‘R 2.2.2.1 even though the frequency responses are similar.

2.2,2,4, pcM 10 32kHz DELTA (FIGURE 2,14)

Except for the sampling frequency, this circuit is the
same as the one of Section 2.2.2.2.

. e
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Logic
vain control

1
= 9973702 .097655%

&

Digital
integrator
=} = =
: 1~_,(1s.5z +.9843752"2) (1-.968752 1+,9980472"%)
1=37070%% -1 - A
(1-1.56252"1+.9062527%) (1-1.640625271+.734375279

B8kHz to PCM
X 5 compressor

FIGURF 2.13.- 32kHz CUSD to PCM

2.2.2.5, 19,2x'z NeLTA 10 PCM (Fioure 2,15)

A 4tph- order low-pass filter with a 3.2kHz cut-off
frequency is used to attenuate the quantizing noise. A zero-order
holder with a second-order low-pass filter sampled at 64kHz and
with a 5kHz cut-off frequency is used in the sampler. To reduce
from 64kHz to 8kHz, it suffices to use one sample out of eight,

the sampling times being coincident.
9.9.9.6 PM 10 19.2kHz DELTA (FIGURE 2,16)

The PCM to delta rate converter is made of a linear
interpolator followed by a second-order low-pass filter at 64kHz
(cut-off frequency: 5 kHz). The sampling frequency is then reduced
to 19.2 kHz by a holder and one more first-order low-pass filter

(cut-off frequency: 3 kHz).

The intermediate code word is now available at A rate.
The conversion from intermediate to delta code is made, as ex-
plained in Section 2.2.2.2, by a digital comparator and a feed-

back loop.

R a2
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Syllabic filter X

é
1
i il gl EVATER 1 0.066406
; . e R B ) |
i el 1-0.9882812
E
. ‘L\
| (X
; h '

Digital Inteqrator order low-pass filter
i -1 -2 -1 -2
o 1 (1+41.52 ~+0.9843752z “) (140.31252 ~+0.996094z °)
18 171 (- -1 -2 = =1 =)
fa | -0.9492192- Y 7| (1-1.3125z77+0.5625z °) (1-0.96875z ~+0.843752z °)
I
il Y
|
i .
d .
-
% Low-pass filter
it 64kHz2 8kH2
E Holder __)w'a > 1 )§ to PCM compressor

1.-1.31252"140.52"%

-

FIGURE 2.15- 19.2kHz CVSD to PCM DDMC.
2 38,14

The block diagram is the same as the one shown for the
19.2kHz Delta to PCM DDMC (Section 2.2.2.5). Only the filter

coefficients are different because the sampling frequency is
3 different.

it o et e Stk B

it 2.9.9.8 P To 38.Uxkllz DELTA (FIcuRE 2.18)
]
Again the principle is the same at 38.4kHz as at 19.2kHz
i and the explanations given in section 2.2.2.6 are still valid.
b . Only the coefficient = values and the sampling frequency are dif-

ferent.

2.2,2,9 PERFORMANCES

Figures 2,19, 2.20, 2.21 and 2.22 show the signal-to-noi-
se ratios computed by simulating codecs and DDMC's at the four
M sampling frequencies. At some signal levels, DDMC's perform
it slightly better than the reference and at some others slightly .
E worse. This is because the analog filters of the reference and the
digital filters of the converters do not have exactly the same
cut-off frequencies. As we used a single input frequency in the
simulation, the quantizing noise spectrum was peaky and the

T e
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S/N was therefore quite sensitive to cut-off frequency. Results are

judged good since average S/N ratios are similar over the comple-
te dynamic range.

Syllabic filter

Logic gain
Lo 1 . 0.013122
-0.9941412"
No
&
//‘
Digital Integrator
-1 -2 =R -2
1 (1+0.09375z “+0.984375z ) (1-1.25z ~+0.998047z °)
4 =1 g L1 -2 2 -2
1.-0.972652 (1-1.68752z +0.925782z “) (1-1.71875z ~+0.78125z )
Low-pass filter
64kxHz 8kHz
1 to PCM compressor _
ra Holder __-)s__» =1 _1 J T
1.-1.3125z +0.52

FIGURE 2.17.- 38.4kHz CUSD to PCM DODMC
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3, IMPLEMENTATION
3.1, DELTA CODEC
3,1.1, CIRCUITRY DESIGN
3,1.1.1, MODULATOR

The CVSD encoder-decoder drawing is shown in diagram B2
of Appendix B.

Comparator 2 is an open loop operational amplifier,
without frequency compensation. Its output is clipped by R18, R19
CR2 to drive shift register 4 (0-5V). The output of the register
gives bits at sampling times NT, (N-1) T, (N=2)T.

Similarity bit detector gates 5,6 give a logic 1 at the
collector of Q3 when the outputs of the three shift registers are
equal.This logic 1 is then integrated with a 4.4ms fine time cons-
tant. When Q3 is off, CRl is on, and the time constant is then
given by R4+R7 and Cl, When Q3 is saturated, CRl is off and the
time constant is given by R5+R7 and Cl. Potentiometer R60 gives

a control voltage (Vc) which is slightly positive when there is no
audio input.

Transistors Ql and Q2 operate as gates and let pass the
control signal (V) either by the input + or by the input of mul-
tiplier 1l. The mﬁltiplier output gives a balanced, square signal
of amplitude 2V_x multiplier gain. Its symmetry around zero is
adjusted by potgntiomer R130 (drift adjustement). The output is
integrated by R15 and C2. 2

3,1.1.2, DEMODULATOR

The decoder is similar to the encoder, but there is no
comparator. In addition, there is a smothing filter at the output.
It is a low-pass filter with a 4kHz cut-off frequency and a
minimum rolloff of 130dB/Oct. The pass band has a 3dB ripple or

less and the stopband rejection is at 45d4B or greater. The D.C.
gain is 3.

3.1,1.3, DELTA CODEC CHARACTERISTICS _
3,1.1.3.1, POWER SUPPLY

For one modulator-demodulator (codec)




Voltage Current Power

+15V 25mA 0.375mW
SmA 0.120mwW

110mA 0.550mW

Total power: 1W

Power Supplies: Harrison 5201B-Hewlett-Packard

3,1.1.3.2, CLOCKING RATE

The codec is optimized to operate from l6kbits/s to
38.4kbits/s. The clock controls a TTL circuit (levels 0,5V).

3,1.1,3.3 IMPEDANCE OF CODEC

Input Impedance: 2,2kQ

Output impendance: 682 (R23 is a loading resistor). It is
not used if the output is connected to an adapted line (680Q).

3,1.1.4 ALIGNMENT

3,1.1.4,]1 MODULATOR

The input being grounded, modulator R60 is adjusted for
triangles of 40mV p-p at 19.2kbits/s and 20mV p-p at 38.4 kbits/s,

The input being a 800Hz test tone, the symmetry of the

multiplier output is adjusted by potentiometer R130. The multiplier
not being linear over the total dynamic range, the 800Hz test

tone amplitude must be chosen at middle range (from low levels to
saturation ®-~15db).

3,1.1.4.2 DEMODULATOR

The modulator input being grounded, demodulator R6Q is
adjusted for triangles of 20mV p-p at 19.2 and 38.4 kbits/s.

Demodulator R~130must be adjusted exactly as modulator
R-l30 (See 3. 1.1.4.1) .

3,1.1.5 COMPONENTS

The components required are described in detail in Appen-
dix C.
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3,2.1, STRUCTURE OF THE DDMC

The aim of the present work is to prove the feasibili-
s ty of direct digital conversion between delta and PCM and it is
only required to build a single channel system.

For a single channel converter, serial operations re-
4 quire less hardware than parallel ones. Therefore, the DDMC pro-
totype will be implemented with a serial structure.

i 3 1G
1 3,2,2,1, DIGITAL FILTERS

Digital filtering is the process of spectrum shaping
i using digital hardware. The aims of digital filtering are the
?‘ same as those of continuous filtering but the processed signals
3 are discrete instead of being continuous.
(1

In a digital filter, the input and output signals are
! not represented by a continuous waveform but by samples. Usually
l’ the sample values are given by binary numbers. Once per sampling
- period, the filter receives a signal sample and produces by means
| - of digital loagic operations an output sample.

The output sample y(nT) of a digital filter at time
nT (sampling period T seconds) is computed from the input sample
i (x(nT)) and a linear combination of past inputs and outputs

N M
I a;x((n-i)T) - I b;,vi(n-i)T) (3.1)

i=0 i3l 9

¥ nT) =

where the a!s and b!s are constant coefficients. Equation 3.1 is
called a finite difterence equation.

i |

The logic circuit which implements the operations of
Equation 3.1 is schematically represented in Figure 3.3.

s

The input sample x(nT) is fed into a one period delay
block. x((n-1)T) is available at the output of this block. There
are N such delay blocks connected in tandem which provide the
values of x((n-1)T), x((n-2)T),..., x((n=N)T). Each of these 4
x((n=1)T) , i=0 to N, is multiplied by its weightina factor aj. 1
Similarly, M delay blocks provide the values of y((n-i)T), B 3
i=1 to M, which are multiplied by the coefficients b;. An adder
gives the output value y(nT) by computing the sum of all these
terms.,

[ e
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w((n-1)1T) x((n=2)T) x(in=N)%

'l‘ ey ll\

y((n=1)71)

Notes: (::) represents an adding A 1
?erUlt. | y((n—z)']_‘)

represents a 1 period
delay.

represents a multipli- b

cation by the coeffi- M
cient C.y g ——m~e———J Y((n-M)T)

FIGURE 3.3.- Digital Filten

In the following, the filters that are used in the DDMC
are described. For each filter, the z-transfer function, the
finite difference equation and a block diagram representation are
given. The finite difference equation is a particular case of the
general equation 3.1 and the block diagram is a simplification
of Figure 3.3 in which all the paths where the coefficients equal
zero have heen removed.

First-order low-pass filter

z-transfer function:

1

= H(z) = 1+Klz-I (3.2)

v(z)
x(2)
where K, is a constant coefficient similar to the ais and bis.
Finite difference equation:
y(n) = x(n) - K, y (n-1)

Block diagram representation:

FIGURE 3.4.- 1%% onden Miaital
Filten :
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Second-order low-pass filter

z~transfer function:

1

-1
1+Klz +Kzz

H(z) =

— (3.4)

where Kl and K2 are constant coefficients.

Finite difference equation:
y(n) = x(n) X y(n-1) K, y (n=2) (3.5)

Block diagram representation:

) s

X Y I v
e s
, < 3
]
7

-K
K2 s .

FIGURE 3.5.- 2nd-onden digital §ilten.

Second-order filter with prediction

z-transfer function:

| 1+K " d !
H(z) = =) ) (3.6) :
(1+Kzz)(1+K3z ) 4
where Kl and K2 and K3 are constant coefficients.
Finite difference equation:
y(n) = x(n) + le(n-l) - (l(2 + K3)y(n-l)-K2K3y(n-2) (3.7)

.
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, 1 Bloc diagram representation: i
:E i \ K1
, | X { A Y
K T
& )
- T
’ ‘ ~K3 K
FIGURE 3.6.- 1-zenq 2-pole digital §ilter.
.: T™wo-pole & Two-zero filter
I
1 z-transfer function:

H = 4
k| 1+K121+K222
8 H(z) = - = (3.8)
; l+ K3 2= K4 z
! |

k. where Kl’ K2' K3 and K, are oonstant coefficients.

! Finite difference equation:
z(n) =x(n) + le(n-l) + sz(n-Z) - K3y(n-1) - K4y(n-2) (3.9)
i
| Block diagram representation:
1
| 3l K2 3

? i T + ” >
'3 ; 8 | i
i ! )
K1 Ky

{ ™ T
| ¢ > & 7
i FIGURE 3.7.- 2-pole,2-zeno digital filter.

| 5
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Once the theoretical values of the coefficients have been
computed, they have to be rounded off in order to make the prac-
tical implementation as simple as possible.

To minimize the hardware complexity and/or the operating
times in the converter, we changed the theoretical values of the
filter coefficients for approximate values requiring as few addi-
tions and subtractions as possible. Of course this coefficient
rounding modifies the filter frequency response and the amount of
simplification was limited by the desired filter performance. It
must be noted that the filter characteristic is more sensitive
to coefficient rounding when the sampling frequency is high. For
this reason, coefficients are generally simpler at 19.2kHz than
at 32 or 38.4kHz.

T R RS

The system was, as described in Section 2.2, si-
mulated on a general purpose computer. Samples were represented
by floating-point binary words with all the precision of the
computer.

Floating-point arithmetic is difficult to implement with
serial circuits and thus,fixed-point operations are made in
the DDMC. The word length must be as short as possible to keep
the amount of hardware minimal. Limiting the number of bits per
word introduces noise in the filters and we must determine the
smallest word lenath which does not noticeably degrade the system
performances.

In general, the results of the multiplication of a sample
by a filter coefficient needs an infinite number of bits to be
exactly represented. Of course, the result must be truncated and
thus noise is introduced at each multiplication. As truncation
1imits the number of levels available to code the result, it is
really quantizing noise which is added to the signal.

For example, if the result of the multiplication is re-
presented by a word which has only two bits after the binary
/% point, the difference between two consecutive levels is } = 0.25
o This means that only values such as 0.25, 0.5, 0.75 are
' available. If the multiplication result is 0.62, it is truncated
down to 0.50 (quantizing error = 0.62 - 0.50 = 0.12). The diffe-
rence between two consecutive levels is the quantization step.

Let us assume that there are M filters in tandem in the
: DDMC. Fach filter requires one or more multiplications. In a ‘ F
given filter (filter number i; i=1,..M) the multiplication results 3
are truncated with a quantizing step Sy i

e g
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It is possible to avaluate approximately the noise con- 8
tribution of the truncations if we assume that the quantizing
error is uniformly distributed and that noise samples are uncor-

related. The total truncation noise power (Pj) of a converter as
a function of the quantization steps 1S fouEd to be:

2

i 2 - 2
Pp = €187 + Cp8; + ... CySy (4.1)

T 272

where C,, Co,... C, are numerical coefficients, and Sl' Sorees
Sy are the® quantization steps of the M filters.

To be practically unnoticeable, it is assumed that the
truncating noise (P,) must be 6db below the system noise as
computed without triincation in Section 2.2, It was also decided
that the contribution of all filter noises should be equal

c 2 01 2 2%
1.e. Clsl - Czsz =3 ...CMSM g PT/M.
Thus, we Wwere able to compute approximate values for

Sq., Sz...S and to determine how many bits were necessary after
tﬁe binary point. For instance, if we compute:

p
Si = 7E§- - 0,34, we need two hits after the binary

i
point to represent results of multiplications in the ith filter.
This gives:
sy = 272 = 0,25 < 0.34

As several assumptions had been made to obtain these
values, simulations, where all the truncations were made, were
run to check the results. In some cases, the number of bits had
to be modified but theoretical and simulated values were very
close.

The maximum values of the samples were also computed to
determine the number of bits on the left of the binary point. This
was straightforward as the gains and the input signals of the
filters were known.
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